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(54) Method and apparatus for network transmission capacity enhancement for the telephone 
circuit switched network 



(57) Adjunct apparatus for increasing network trans- 
mission capacity provides a low-cost, efficient solution 
for increasing the network transmission capacity of the 
existing telephone circuit switched network, while keep- 
ing the current network equipment unchanged. A Local 
Switch Network (LSN) Adjunct (LSNA) and a Tandem/ 
Toll Switch Network (TSN) Adjunct (TSNA) interface 
with standard network elements, such as switches and 
cross connect equipment. These network adjuncts, 
comprising a set of low-bit rate speech coders, a dynam- 
ic timeslot manager and other supporting functions, ad- 



vantageously transmit to and receive from a 
T1/T3/OC3/E1 trunk. More than one channel of voice is 
carried on one 64 Kbps DSC timeslot, while still main- 
taining the voice at toll quality A sub-timeslot and sub- 
timeslot bundling are introduced in the standard T1 or 
E 1 frame where each sub-timeslot is analogous to a sin- 
gle bit of the typical eight bit word to provide more than 
24 or 30 voice channels respectively Inband control in- 
formation is generated for carrying over a T1 or E 1 trunk, 
for example, for mapping sub-timeslot bundles to chan- 
nels. Conventional out-of-band signaling is provided via 
SS-7 or other out-of-band signaling system. 
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Description 

BACKGROUND OF THE INVENTION 

1. Technical Field 

The present invention relates generally to the field 
of voice signal compression in telecommunications net- 
works to enhance transmission capacity and. more par- 
ticularly, to the field of providing voice compression in 
existing telephone circuit switched networks that em- 
ploy T1 and El frame formats while keeping the network 
infrastructure unchanged. 

2. Description of the Relevant Art 

Pulse code modulation for sampling voice signals 
and modulating a pulse coded data stream for transmis- 
sion has been known since the 1 960's. Two forms of 
pulse code modulation are the so-called ^i-Law and the 
A-law modulation formats of T1 and E1 frames respec- 
tively. Both share the common principle that 8 bit pulse 
code words describe a speech signal or, alternatively, 
carry data or facsimile. In the T1 frame, 24 such eight 
bit words and a framing bit comprise a 193 bit frame. 
Each eight bit word describes a voice signal sample of 
a different speech communication. The eight bit words 
are formed into the 193 bit frame of Figure 1(a) such 
that a framing bit 101 signals the beginning of the frame 
and/or is used for synchronization. The framing bit 101 
is followed successively by the 24 8-bit u-Law pulse cod- 
ed words representing samples of 24 different voice 
communications or facsimile/data channels. The 24 
words each represent a time slot or channel where 
timeslotor channel #1 is timeslot 102. Thus, for exam- 
ple, a maximum of twenty-four voice communications 
can be transmitted by one so-called DS 1 channel bank. 
Timeslot or channel #2 is timeslot 103 and so on until 
the twenty-fourth time slot or channel #24 is represented 
as timeslot 104. Channels #3-23 are also timeslots and 
are indicated by the dotted box between timeslot 103 
and timeslot 1 04. 

The pulse code modulation process for encoding 
voice signals is well known. A speech wave is sampled 
at periodic discrete points in time to obtain pulses having 
different amplitudes. The speech signal amplitude is 
then quantized among, for example, 1 28 or 256 different 
levels and the least significant digit in each eight bit word 
in one frame out of six may be used for in band signaling. 
To quantize 256 levels requires 8 bits and. if the sam- 
pling rate is 6000 samples per second, the bit rate or 
information carrying capacity of each T1 carrier channel 
is 8 bits X 8000 samples per second or 64 kbits/sec. In 
band signaling means carrying the signaling information 
for, for example, addressing or control information within 
the band of the T signal format. Out of band signaling 
recently has become preferred as an alternative or in 
addition to in band signaling where signaling information 



is transmitted via a separate transmission path, for ex- 
ample, via so-called SS-7 out-of-band signaling equip- 
ment. Referring briefly to Figure 4. SS7 out-of-band sig- 
naling links are shown by dashed lines 480-487. 

5 Referring to Figure 1 (b), there is shown a typical El 
frame data format wherein, instead of twenty-four chan- 
nels or timeslots. thirty-two channels or timeslots are 
provided. The form of pulse code modulation is known 
as A-law pulse code modulation in the E-1 format. Of 

10 the thirty-two channels provided, thirty are utilized for 
carrying communications such as voice, fax and data 
communications. Timeslot or channel # 1 is shown as 
timeslot 121; timeslot or channel #2 is shown as timeslot 
122 and timeslot or channel #15 is shown as timeslot 

IS 1 23. Intermediate channels #3- 1 4 which are also times- 
lots are indicated by the dotted omission. The sixteenth 
timeslot or channel, Timeslot #16, shown as timeslot 
1 24, comprises 8 bits of in-band signaling data. Timeslot 
#1 7 or timeslot 1 25 is again a voice, data or fax channel. 

20 Timeslots #18-30 are not shown but as the dotted line 
omission, and Timeslot #31 or timeslot 126 is another 
voice, data or fax channel. Timeslot #32 comprises a 
predetermined eight bit framing signal 127. 

Telecommunications traffic is carried on trunks be- 

25 tween telephone switching offices. There are generally 
two types of telephone switching offices, a local switch 
and a toll or tandem switch. The local switch connects 
a telephone subscriber to the public switched telephone 
network- A tandem switch connects local switches or a 

30 local switch to a toll switch. A toll switch connects tan- 
dem switches to toll switches or connects toll switches. 
Trunks are sized traditionally into trunk groups based on 
the amount of traffic carried. A trunk that may have a 
capacity of 64 Kbits per second sits idle during non-peak 

35 periods and at busy periods wastes a portion of its 64 
Kbits per second capacity carrying speech traffic. 

Data and fax communications are presumed rela- 
tively data efficient in comparison with voice communi- 
cations. Voice communications are frequented by peri- 

40 ods of silence when no intelligible sounds, detectable 
as speech energy, are present. During a typical voice 
communication between parties talking together over a 
communications link, there are frequent periods of si- 
lence. Consequently, there is an opportunity in a voice 

45 communication to provide voice compression; that is, 
provide for utilization of periods of silence among other 
compression principles during the bandwidth of a voice 
communication by filling the silence with periods of voice 
from other communications. Both analog and digital 

so forms of voice compression are known. Most, if not all, 
forms of voice compression utilize the dead or silence 
periods in speech to advantage. For example, a partic- 
ular given period of time within a single voice communi- 
cation channel may comprise a plurality of segments of 
55 speech from a related plurality of voice communications. 
In this manner, not just one voice communication is car- 
ried on the channel but a substantial increase in the 
number of concurrently handled calls on the same chan- 
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nel is obtained. The given period is broken into time slots 
and each time slot may comprise an active voice seg- 
ment. Periods of silence are eMminated. A minor disad- 
vantage is that the decompression and reassembly of 
the original voice communications carried over such a 
channel may take some time and so result in some de- 
lay, but the delay is not significant. Also, control infor- 
mation is required to describe the process of compres- 
sion so that decompression can occur at a receiver 
These are minor disadvantages in comparison to the en- 
hancement in transmission capacity obtained. Moreo- 
ver, practically none of the original speech content of the 
voice communication is lost. One known voice compres- 
sion algorithm is that presently contemplated for appli- 
cation with video signal compression and is known as 
the f^.P.E.G. II algorithm proposed standard. 

The T carrier channel or timeslot is inherently inef- 
ficient, for example, timeslot 102, because the timeslot 
frequently carries periods of silence, silence that could 
be filled by voice segments of other voice communica- 
tions. The E1 frame format is inefficient for the same 
reasons. Once a voice communications channel in ei- 
ther is dedicated to a particular voice communication in 
a call between two or more speaking parties, the chan- 
nel remains so dedicated. There is no opportunity to 
share the voice communications channel. Of course, a 
fast talker makes more efficient use of the dedicated 
channel than a slow talker. Nevertheless, with either 
kind of caller, there is considerable inefficiency in com- 
munication 

To be competitive in today's telephony business, re- 
ducing the cost of handling telephone calls and increas- 
ing the existing network capacity have become crucial 
issues. Increasing the capacity of the network means 
the addition of more trunk facilities and network switch- 
es. However, this is a very expensive venture. Currently, 
a voice channel is transmitted at 64 Kbps in A-Law or 
^i-Law PCM format as described above with reference 
to Figure 1 . Dedication of a whole timeslot or 8 bit word 
as described above to voice is very expensive in terms 
of bandwidth utilization. Fax and data are transmitted in 
64 Kbps bursts and so are more bandwidth efficient than 
voice. The existing T1 or E1 networks use T1 or E1 
frames which contain twenty-four or thirty 64 Kbps voice 
channels, respectively. Each 64 Kbps voice channel or 
timeslot, contains one 8 bit word per T1 or El frame. 
The sampling rate is 8000 times per second. Since eight 
thousand frames are transmitted per second, the twen- 
ty-four channel bit rate is 24 channels x 64 kbps per 
channel or 1.544 megabits per second including fram- 
ing. The information transmission efficiency of this 1 .544 
megabit per second signal is much less. According to 
the well known digital multiplex hierarchy for digital data 
transmission, there is ample opportunity to improve the 
information carrying capacity at all levels from the so- 
called DS1 to DS4 levels and beyond. Consequently, it 
is an object of the present invention to improve the in- 
formation carrying capacity of digital transmission facil- 



ities. 

With the emergence of toll quality low-bit rate 
speech coders and high-speed Digital Signal Proces- 
sors (DSPs), an object of the present invention is to in- 
5 crease the network capacity by reducing the bandwidth 
of the voice channel and at the same time to maintain 
the voice signal at toll quality 

SUMMARY OF THE INVENTION 

10 

The present invention creates a tremendous advan- 
tage in the existing telephone circuit switched network 
by increasing the network transmission capacity up to 
seven fold. Local and toll network adjuncts are provided 

15 in the public switched telephone network which interface 
to standard network elements and provide for voice 
compression within Tl and El frames. In keeping with 
the present invention, each channel or timeslot, normal- 
ly comprising an 8 bit word is regarded, not as compris- 

20 ing 8 bit words, but as comprising individual bits or sub- 
timeslots such that a frame comprises eight times as 
many sub-timeslots as timestots or channels. For exam- 
ple, referring briefly to Figure 2(a) in a Tl frame there 
are, according to the present invention, 192 sub-times- 

2S lots which are dynamically allocated to voice/data/fax 
communications according to whether there is speech 
activity or tone/data is recognized. A 1 93rd timeslot 101 
is still reserved for framing. A decrease in bandwidth is 
achieved by coding the voice so that it occupies 1 , 2. 3, 

30 4 or more bits or sub-timeslots within a conventional 
timeslot or channel and so the traditional channel is 
shared among voice communications. Any time fewer 
than 8 sub-timeslots are utilized for a voice communi- 
cation, transmission capacity is saved. 

35 In summary, the traditional T1 frame is composed 
of 193 single bit sub-timeslots instead of twenty-four 8 
bit timeslots or channels per Figure 2(a). Likewise, the 
El frame is viewed as having 240 sub-timeslots as 
shown in Figure 2(b). In a best case voice scenario, if a 

40 single bit is used to represent a voice channel and some 
additional bits of the frame are utilized for control over- 
head, this decrease in usage of conventional timeslot 
capacity can possibly give rise to a seven fold increase 
in the capacity of the network. If fax or data is recog- 

45 nized, then, because of its information carrying efficien- 
cy, the entire typical eight bit word carries the fax or data. 
On the other hand. If speech activity is recognized, as 
few as a single sub-timeslot may represent an idle chan- 
nel or a voice segment or as many as eight sub-timeslots 

50 may represent a voice segment Hence, an increase in 
transmission capacity up to seven fold is obtained. 

In the case of a T1 or El network, instead of trans- 
mitting a voice channel in one 64 Kbps DSO timeslot. 
the present invention utilizes the emerging technologies 

55 of low-bit rate speech coders and high-speed Digital 
Signal Processors (DSPs) to increase the network 
transmission capacity by effectively reducing the band- 
width required of each voice channel, while still main- 
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taining the voice at toll quality. Therefore, this invention 
provides a method and apparatus to increase the net- 
work transmission capacity without increasing the net- 
work cross-connect equipment and the transmission 
trunk facilities. 

The present invention incorporates the low-bit rate 
speech coding scheme with dynamic network transmis- 
sion bandwidth management to create a new network 
architecture. While implementation of the present inven- 
tion requires the use of additional equipment to the cur- 
rent infrastructure in order to augment the network ca- 
pacity, the present network infrastructure requires no 
modification. The invention comprises adjuncts to the 
present network which provide additional voice trans- 
mission capacity. 

Referring briefly to Figure 4. a network architecture 
according to the present invention consists of Local 
Switch Network Adjuncts (LSNA) and Tandem/Toll 
Switch Network Adjuncts (TSNA), vyrtiich interface with 
the standard network elements, such as switches and 
cross connect equipment. These network adjuncts, 
comprise a set of low-bit rate speech coders, a dynamic 
timeslot manager and other supporting functions. Each 
advantageously transmits and receives to and from a 
conventional T1/T3/OC3/E1 trunk such that more than 
one channel of voice is carried on one conventional 64 
Kbps DSO channel or timeslot, while still maintaining the 
voice at toll quality. Additionally, in the standard T1 or 
E 1 frame, a single sub-timeslot or a bundle of sub-times- 
lots provide more than 24 or 30 voice channels, respec- 
tively. Control information for controlling decompression 
and decoding is carried In band and signaling informa- 
tion may be transmitted in a conventional manner either 
in or out-of-band. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 is a drawing of known pulse code modula- 
tion formats where Figure 1(a) describes the T1 frame 
data format and Figure 1 (b) describes the El frame data 
format. 

Figure 2 represents a drawing of how the conven- 
tional frame formats of Figure 1 are modified according 
to the present invention to provide for sub-ttmeslots 
where Figure 2(a) represents a modification of the T1 
frame data format with sub-timeslots and Figure 2(b) 
represents a modification of the E1 frame data format 
with sub-timeslots. 

Figure 3 provides an overview of one example of 
dynamically allocating sub-timeslots to voice, fax and 
data communications within a T1 frame where at certain 
points in time, a voice channel may represent a single 
sub-timeslot and at others, a bundle of two. three or 
more sub-timeslots. 

Figure 4 provides a network diagram showing how 
the present network structure may be augmented ac- 
cording to the present invention to enhance transmis- 
sion capacity by providing local and tandem or toll switch 



network adjuncts at switch locations of the network. 

Figure 5 provides an overview of the functionalities 
required of the local switch network adjunct of the 
present invention. 
5 Figure 6 provides an overview of the functionalities 

required of the toll/tandem switch network adjunct of the 
present Invention. 

Figure 7 provides a detailed functional block dia- 
gram of the data flow via a local switch network adjunct 
10 from a local switch 425 to a toll network 400. 

Figure 8 provides a detailed functional block dia- 
gram of the data flow via a local switch network adjunct 
from the network 400 to a local switch 425. 

Figure 9 provides a detailed functional block dia- 
is gram of the data flow via a toll-tandem switch network 
adjunct to and from the toll network 400 in association 
with its toll/tandem switch 410 or 420. 

DETAILED DESCRIPTION 

20 

The present invention provides a novel view of the 
T1 and El frames, which includes the idea ot a sub- 
timeslot and the bundling of sub-timeslots. Currently the 
T1 frame is viewed as having twenty-four 64 Kbps chan- 
ts nels or timeslots. Each of the twenty-four voice channels 
consists of 8 bit words in one T1 frame, obtained and 
transmitted at a sampling rate of eight thousand sam- 
ples per second. Hence, the smallest unit of transmis- 
sion is an 8 bit timeslot or channel, representing 64 Kbps 

30 of information. Throughout thisdocument= the use of the 
term "Tl frame" refers to a T1 frame containing 24 
timeslots or channels, each timeslot representing 8 bit 
words and each bit of which words represents a data 
throughput of 8 Kbps of data. Also, the use of the term 

35 regular El frame refers to a El frame containing 32 
timeslots. each timeslot representing 8 bit code words 
and each bit of which representing 8 Kbps of data. The 
present invention is seeking to take this view further and 
to redefine the smallest unit of transmission to be a 1 bit 

40 sub-timeslot, each bit representing a voice/fax/data 
sample and allocated dynamically depending on speech 
activity or its tone/data characteristic. As a result, the 
standard T1 frame now contains 1 93 sub-timeslots, with 
each sub-timeslot being Ibit representing a data 

45 throughput of 8 Kbps. 

Also, while pulse code modulation is the modulation 
format described in some detail herein, the present in- 
vention should not be construed to exclude other for- 
mats in which the present invention may be used to ad- 

50 vantage. These include and are not limited to Adaptive 
Differential Pulse Code Modulation (ADPCM). Adaptive 
Predictive Coding (APC), Code Excited Linear Predic- 
tive (CELP) coding^ Vector Summed Linear Predictive 
Coding and the like. 

55 Figures 1 through 3 illustrate the concepts of sub- 
timeslot and sub-timeslot bundling used in the dynamic 
network transmission bandwidth management to in- 
crease network capacity and flexibility according to the 
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present invention. In the standard T1 frame (Fig. 2(a)). 
the (X)ncept of a sub-timeslot is introduced to provide 
more voice channels over transmission facilities. Each 
sub-timeslot 201. 202, ... 205 only takes 1 bit so that 
each T1 frame contains 1 93 sub-timeslots. The first sub- 
timeslot 201 is reserved for a framing bit followed by 1 92 
other sub-timeslots which nnay be bundled as required 
for voice, used for fax or data or used as a control link 
containing inband control information. Depending on the 
speech coder data rate and the voice signal activity, 
each voice channel may need to bundle several sub- 
timeslots. As a result, a voice call can occupy anywhere 
from 1 to 8 sub-timeslots ranging from 8 Kbps to the con- 
ventional maximum of 64 Kbps. Fax and data modem 
traffic are still transmitted at 64 Kbps which require 8 
sub-timeslots per fax or data channel in each T1 frame. 

The concepts o1 sub-timeslots and the bundling of 
sub-timeslots are not confined to networks that use the 
T1 frame but are also applicable to networks that use 
the El frame. So. even though the T1 frame is used to 
illustrate the present invention, the present invention is 
not limited to networks that use the T1 frame. Per Figure 
2(b)» the El frame may be considered as comprising 
240 sub-timeslots of 1 bit each which may be bundled 
as required for voice and control data transmission. As 
described above, any time fewer than eight bits are used 
for a voice communication, transmission capacity is en- 
hanced. Also, the concepts may be applied to other than 
a pulse code modulation scheme of modulation as in- 
troduced above. Other possible coding techniques that 
may be employed include but are not limited to Adaptive 
Differential Pulse Code Modulation (ADPCM), Adaptive 
Predictive Coding (APC), Code Excited Linear Predic- 
tive (CELP) coding, Vector Summed Linear Predictive 
(VSLP) coding and the like. 

The concept of sub-timeslot and sub-timeslot 
grouping, for example, into bundles in order to increase 
the capacity requires the addition of new equipment to 
the existing circuit switched network, since the present 
equipment does not have the necessary intelligence re- 
quired to decipher the information carried in the newly 
formatted T1 . For example, the typical toll switch is a #4 
Electronic Switching System (ESS) manufactured by 
Lucent Technologies. This switch as well as other core 
network elements are not intelligent enough to handle 
other than T1 or El formatted frames. As a result, ad- 
juncts, according to the present invention, are placed in 
the network to take the sub-timeslots and format them 
back into T1 timelsots/channels before sending the in- 
formation to the switches. Referring briefly to Figures 
4-9, the present invention requires the use of such ad- 
junct equipment, for example, a local switch network ad- 
junct (LSNA) connected to a local switch and a toll or 
tandem switch network adjunct (TSNA) connected to a 
tandem or toll switch. The LSNA and TSNA will handle 
all traffic, voice, fax, and data. Conventional in band or 
out-of-band SS7 signaling links will still be maintained 
by the local and tandem switches for signaling. 



Figure 3 describes how the sub-timeslots of the 
present invention may be bundled taking an example of 
a T1 frame of 1 93 sub-timesiots. A typical T1 frame com- 
prises 24 eight bit time slots or channels. According to 
s the present invention, sub-timeslots are dynamically al- 
located to voice, data and fax transmission as required. 
The allocation process may. for example, comprise bun- 
dling of sub-timeslots together or transmitting groups of 
timeslots in predetermined manner that may be inter- 
10 leaved. Control infornnation is generated for transmis- 
sion with the voice/data sub-timelsots which, for exam- 
ple, describe the allocation and the coding schemes. 
Once a call is set up between telecommunications sub- 
scribers, the control information beyond that point in 
15 time becomes relatively consistent. While interleaving 
may be an alternative to bundling of sub-timeslots, in- 
terleaving may require a large volume of transmission 
of constantly changing control information that may 
even be required on a per frame basis. 
20 As wilt be further described herein in connection 
with Figure 5, an LSNA comprises a general tone de- 
tector and a speech energy or energy detector for de- 
tecting characteristics of each communication. These 
characteristics comprise, for example^ where a trunk is 
25 idle or free, whether data or fax is being carried on a 
busy trunk and if a voice communication, whether there 
is presently a period of silence or there is voice activity. 
During peak traffic hours, if a whole trunk group is busy, 
then the present invention contemplates that the busy 
30 status may require a lower level of voice coding. Twice 
as many voice users can be supported during peak traf- 
fic hours, for example, by 4 bit in stead of 8 bit coding. 
If trunk usage is low, then there is no penalty in providing 
64 Kbps voice coding and, as will be further described 
35 herein, a coder selector of a network adjunct may oper- 
ate accordingly. 

Referring to Figure 3, Figure 3(a) comprises one 
embodiment of a T1 frame according to the present in- 
vention; Figure 3(b) comprises a table for describing the 
40 allocation of sub-timeslots for the exemplary frame em- 
bodiment of Figure 3(a) and Figure 3^ shows how 
frames such as Figure 3(a) are assembled into a T1 data 
stream of 8000 frames. Referring to Figures 3(a) and 3 
(b), sub-timeslot #0 still represents a framing bit F as in 
45 a conventional T1 frame. The remaining 1 92 sub-times- 
lots are allocated differently than in a conventional man- 
ner. Control information describing, for example, how 
the bandwidth of the T1 frame is dynamically allocated 
for decompression may be provided, for example, in a 
50 bundle of sub-timeslots #1-3. The control information, 
for example, may describe how the frame is delimited 
and provides information of the start and end of frame 
data portions and provides channel to sub-timeslot map- 
ping information annong other control information. In the 
55 case of speech frames, the boundaries between frames 
do not have to be predetermined, since the loss of a 
frame or two will not severely impact the quality of the 
transmitted voice signals. The control information may 
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be transmitted here as shown in Figure 3(a) or else- 
where, for example, in preceding frames so as to identify 
how the next succeeding frame is compressed and 
transmitted or othenwise than in a bundle. The control 
information may be collected from a plurality of frames 5 
over time and interpreted at a receiving adjunct or may 
be transmitted as a special control frame comprising en- 
tirely of control data. 

Besides framing and control information, as many 
as i voice, data or fax communications may be carried 
by a T1 frame according to the present invention, where 
i is greater than 24. For example, sub-timeslots #4-6 
may comprise a bundle of sub-timeslots for coding a first 
voice communication, VI . Depending on the coding lev- 
el, a single sub-timeslot, for example, sub-timeslot #7 
may represent a second voice channel, V2. Fax or data 
which is highly efficient or voice traffic depending on the 
coding level may require a conventional eight bits or 
sub-timeslots, for example, sub-timeslots #8-15. These 
are shown identified in the T1 frame according to the 
present invention as the third channel or channel D3. A 
fourth channel comprises a voice channel consuming 
two sub-timeslots #16 and #17, shown as channel V4. 
A fifth voice channel V5 is shown consuming only sub- 
timeslot #18. A sixth voice channel V6 is shown con- 
suming three sub-timeslots, sub-timeslots #19-21, and 
so on. The next to last or i-1 channel consumes two sub- 
timeslots #190-191; the last or ith channel consumes 
just one sub-timeslot #192. Thus, it can be seen that in 
a typical T1 frame many more than 24 voice or other 
communications can be carried enhancing transmission 
capacity where I is substantially greater than twenty- 
four. 

The next succeeding frame need not have the same 
bundling as the predecessor. Moreover, it Is not neces- 
sary to bundle the sub-timeslots as shown. For example, 
when the range of coders may comprise an 8 Kbps cod- 
er, a 1 6 Kbps coder and a 24 Kbps coder, there may be 
1 , 2 or 3 sub-timeslots bundles together depending on 
the level of coding selected. In general, control informa- 
tion is especially necessary when fixed length frames 
are not being used, but, in the present case, the control 
infonnation may be minimal and spread over several 
frames. The control information, as introduced above, 
should carry sufficient data for delimiting the frames, in 
the case of speech frames, the boundaries do not have 
to be absolute, since the loss of a frame or two will not 
severely impact the quality of voice. It is very important 
to note that once a voice communication or a call is set 
up in the network, the control information following call 
setup will be reasonably consistent. 

Referring briefly to Figure 3(c), it may be seen that 
the exemplary T1 frames of Figure 3(a) are transmitted 
in sequence to form a T1 data stream of 8.000 frames 
where the frame of Figure 3(a) is shown as Frame #1 of 
the Tl data stream of Figure 3(c), 

Figure 4 shows an illustrative embodiment of the 
present invention used in the telephone circuit switched 



network. Typically, a local switch, for example, local 
switch 425 connects subscribers with various equip- 
ment to the long distance core network 400. Local sub- 
scribers nnay have various equipment types generating 
various signals, for example, telephone 422 generates 
voice signals from transducing a user's voice, a facsim- 
ile machine 423 generates fax signals and a personal 
computer modem 421 generates data signals. These 
devices are connected by wire or wireless means, con- 
ventionally referred to as subscriber loops 427. 428. 429 
to the local switch 425. These devices should not be 
considered the only devices generating signals that may 
be carried by sub-timeslots of the present invention. 
Others may come readily to mind such as cable televi- 
sion terminals, television terminals, pager devices, per- 
sonal locator devices, personal communications termi- 
nals and the like. 

According to the present invention, a LSNA 426 or 
436 is connected to the local switch 425 or 430 and acts 
as a front-end for communicating with a TSNA 491 . 1 93 
which is connected to a tandem or toll switch such as 
toll switch 405, 410 or tandem switch 415, 420. The LS- 
NA 426, 436 receives a voice communication or data/ 
fax communication and is responsible for dynamic 
bandwidth allocation to a digital facility. The existing net- 
work elements such as digital cross connect equipment, 
which have standard T1/T3/OC3 interfaces, are un- 
changed. The voice channels transmitting between any 
two switches may be transmitted through the LSN and/ 
or TSN Adjuncts in a compressed manner, while the fax/ 
modem data are kept at the original data rate and level 
of coding. In addition to the voice/fax/modem channels, 
an inband control data link is provided between any two 
adjuncts for controlling decompression and decoding. 
Call control and call routing information for each circuit 
switch channel are still carried through the out-of-band 
SS7 network or in a conventional in band manner. 

Figure 5 and Figure 6 illustrate the various function- 
alities required of elements of a LSNA and a TSNA. Ba- 
sically, these network adjuncts provide a subset of the 
following functionalities: 

• General Tone Detection (Only needed by LSNA) 

The General Tone Detector is used to detect fax/ 
modem tones and determine whether a particular com- 
munication is a fax or data communication as differen- 
tiated from a voice communication. If the appropriate 
tone is detected for fax or for data, the data that follows 
on the channel will be treated as fax/modem and a 
Speech Coder Selector nnay bypass the speech encod- 
ing function and keep the data as 64 Kbps PCM. A 
Timeslot Manager will then assign eight 8 Kbps (64 Kb- 
ps) sub-timeslots to this channel. 

• Energy Detection (Only needed by LSNA) 

The voice activity detector is used to detect voice 
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channel activity. The Speech Coder Selector can assign 
the lowest rate speech coder to this channel 1 ) if there 
is no activity (the trunk is Idle) or 2) if the channel (trunk) 
is busy and used for carrying voice and silence is on the 
channel. The Speech Coder Selector may select a high- s 
er rate speech coder when the trunk group activity is 
low. In this way, the channel without activity will always 
take minimal bandwidth. As soon as channel activity is 
detected, the Speech Coder Selector may switch this 
channel to a higher rate speech coder based on local fO 
switch trunk group activity or switch to the 64 Kbps PCM 
if fax/modem tones are present. 

• Speech Coder Selection (Only needed by LSNA) 

IS 

Depending on the result of tone and speech activity 
detection and the local switch trunk usage, the speech 
coder selector assigns a different speech coder to each 
voice channel communication or selects no coding for 
fax/modem communications. If a trunk group is espe- 
cially busy, the coder selector may select a lesser level 
of coding than a conventional level of 64 Kbps in order 
to increase traffic carrying capacity. The selected coder 
information will also be passed to the Adjunct Control 
and Protocol Handler for building the inband control in- 
formation message (for example, the control signal C of 
Figure 3(a)). 

• Speech Encoding/Decoding (Only needed by 
LSNA) 

This function provides a set or pool of low-bit rate 
toll quality speech coders that the Speech Coder Selec- 
tor can choose from for a specific voice channel. Pref- 
erably there are provided a plurality of coding levels, for 
example, from minimum 8 kbps coding to 32 kbps cod- 
ing. The function also provides a speech coder bypass 
function for 64 Kbps fax/modem data. 

• Dynamic Timeslot Manager 

This function is responsible for putting the com- 
pi-essed/uncompressed voice/fax/modem data and in- 
band control data into the sub-timeslot(s) format before 
transmitting to network. One format for a Tl frame is 
shown in Figure 3 but the depicted frame is merely ex- 
emplary and may vary in content and composition. The 
inband control information is formatted by the Adjunct 
Control & Protocol Handler and passed to the Dynamic 
Timeslot Manager. It is also responsible for taking the 
data from sub-timeslot(s) and putting the data into 
timeslots before sending the timeslots to the tandem, 
toll or local switch. Presently, in the United States, the 
most prevalent toll or tandem switch is the #4ESS switch 
manufactured by Lucent Technologies. This switch, as 
well as other core network elements, only knows the 
conventional T1 formatted frame or equivalent frame. 
As a result the adjuncts placed in the network according 



to the present invention must accept the sub-timeslots 
and reformat them to Tl or related format before send- 
ing the information to the switches. The Dynamic Times- 
lot Manager is also responsible for extracting the inband 
control information from the control link and delivering it 
to the Adjunct Control & Protocol Handler. 

• Silence Filler/Remover and Control (Only needed 
by TSNA) 

The silence filler/remover and control is responsible 
for filling the silence data to the compressed voice data 
to make it 64 Kbps before sending to the TandenrvToll 
switch, or removing the filled silence data before trans- 
mitting to the network. For silence filler, if, for example. 
8 bits are compressed into 2 bits, then the silence filler 
knows to fill the remaining six bits with silence and vice 
versa. It is also responsible for formatting the coding in- 
formation tor each traffic channel. 

• Adjunct Control & Protocol Handler 

The adjunct control and protocol handler provides 
the proprietary protocol stack between any two adjuncts 
and the control functions for each adjunct. It formats the 
inband control message which contains channel to sub- 
timeslots mapping and the coding infonnation of the 
channel. It instructs the Dynamic Timeslot Manager how 
to place the incoming variable rate data into a specific 
sub-timeslot or a bundled sub-timeslots. Based on the 
inband control message, it also instructs the Dynamic 
Timeslot Manager how to extract the variable rate data 
from a specific sub-timeslot or a bundled sub-timeslots. 

• OAM&P Functions 

Provides the operation, administration, mainte- 
nance and provision functions for a network adjunct, ei- 
ther local or toll. It interfaces with all elements of the ad- 
junct. It also acts as an interface to a network operation 
center. 

• Trunk Interface Handler 

Provide functions to handle the network trunk inter- 
face. 

Referring to Figure 5. there are shown the required 
functionalities of the local switch network adjunct 500 
and Figure 6 describes the toll/tandem switch network 
adjunct. Referring first to Figure 5 and as is well known 
in the art, the local switch 425 is the point of contact via 
wired (subscriber loop) or wireless means 595, 597, 598 
to the telecommunications subscriber. The telecommu- 
nications subscriber may be equipped with a personal 
computer 421 . a telephone for voice communication 422 
or a facsimile machine 423. As introduced above, other 
subscriber apparatus may also be considered such as 
pager, video conferencing, cable television or intelligent 
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or dumb terminal equipment and voice/fax/data signal 
origination is considered by way of example only. The 
subscriber initiates a call and during the call, the caller 
initiates voice/fax/data communication which is 
switched at the local switch 425 to a trunk 591 , 592, 593 
to another office of a trunk group of multiple T1/T3 
trunks. The voice activity detector 510 and general tone 
detector 520 assess the idle or busy state of the trunks 
and, if busy, assess the voice/data/fax communications 
passing through the local switch to another local switch 
or to the toll network switch 410, 420. The speech coder 
selector 530 is coupled to the voice activity detector 51 0 
and tone detector 520 for outputing control to the other 
elements including the coder pool 560, the adjunct con- 
trol and protocol handler 570 and the dynamic tinneslot 
manager 550. The trunk interface handler 580 assists 
in Interfacing with interoffice digital trunk facilities. 

Referring to Figure 6, there is shown the function- 
ality of a TSNA 600 of the present invention. The local 
switch 430 with an associated LSNA436 communicates 
with TSNA 600 associated with a tandem switch. A tan- 
dem/toll switch 410, 420 communicates with a TSNA 
600 associated with another tandenrVtoll switch 405, 
415. The unique functionality of a TSNA 600 is the si- 
lence filler/remover and control 645 for filling or remov- 
ing silence in sub-timeslot bundle to times lot/channel 
conversion. The trunk interface handler 680 interfaces 
with the telephone switching office trunk groups; the dy- 
namic timeslot manager handles sub-timeslot alloca- 
tion/deallocation in real time and the adjunct control and 
protocol handler generates control data and other func- 
tions as already described above. 

The flow of data through a LSNA 500 from the local 
switch 425 to the network 400 (receive path) is illustrat- 
ed in Figure 7. The voice, fax, or modem data from the 
local switch 425 typically takes one DSO (64 Kbps) for 
each channel. Before it is transmitted to the long dis- 
tance core network 400, however, and according to the 
present invention, the LSN Adjunct 500 will compress 
the voice in a certain speech code format, for example, 
according to Figure 3 and dynamically put the com- 
pressed voice data into a sub-timeslot or a bundle or 
group of sub-timeslots, depending on the type of coding 
scheme used tor compressing the information. The de- 
tailed sequence is explained as follows. Each DSO traffic 
first passes through the General Tone Detector 520 and 
the Voice Activity Detector 510 combination to deter- 
mine the voice activity and whether the traffic is fax/mo- 
dem. While the order of pass through is shown to be 
detector 520 to detector 510, the order may be reversed 
or 510 to 520 or the pass through may be in parallel (not 
shown). If the traffic is of the type fax or modem, the 
traffic will not be compressed and will be transmitted at 
64 Kbps, which takes a bundled 8 sub-timeslots per path 
722. The voice and any unused (idle) or silent channel 
will be encoded in a certain speech code format depend- 
ing on the local switch trunk usage and voice/fax/data 
activity. An encoded voice channel may take a single 



sub-timeslot or a bundle of sub-timeslots. Consequent- 
ly, an idle channel or trunk and a silent, busy voice chan- 
nel require a minimum level of coding while speech ac- 
tivity and fax/data activity require a higher level of cod- 
5 ing. Depending on the coding employed, the speech 
coder selector 530 accepts input from the tone detector 
and voice activity detector 510 and selects a coder. The 
coder selector then determines which coder from a pool 
of coders 561 , 552, 563 which may be a varying levels 
10 of coding as described above or select no coding, path 
722. Thus, there are several factors associated with 
coder selection which include trunk utilization, fax/mo- 
dem tone detection and speech/silence detection. The 
most important of these may be tone detection for dif- 
15 ferentiation between no coding, for example, path 722, 
and some coding, for example, path 721, 723 or 724. 

Tone detectors are well known and comprise, ex- 
ample, general tone detectors, so-called band detec- 
tors, call progress tone, special information tone, data. 
20 fax and address signal tone detectors among other tone 
detectois used in national and international networks. 
Voice activity detectors are well known and are frequent- 
ly employed in networks, for example, in echo reduction 
apparatus and other applications. 
25 The Dynamic Timeslot Manager 550 is responsible 
for putting the compressed or uncompressed voice, fax 
or modem data on to the T1/T3/OC3 trunk 741 via the 
trunk interface handler 580. with the inband control in- 
formation for describing how the information was com- 
30 pressed provided by the Adjunct Control & Protocol 
Handler 570, before transmitting it to the long distance 
core network 400. In this manner, the receiving equip- 
ment can utilize the inband control information during a 
decompression phase to extract the original informa- 
35 tion. As earlier indicated, control information may be 
transmitted over several frames, collected and then in- 
terpreted- Once received, the control information is ex- 
tracted and concatenated to obtain complete control in- 
formation. The amount of control information may vary 
40 by implementation and the amount of delay that can be 
tolerated in the network as described above. 

There are two trunk interface handlers 580 shown 
in Figure 7. In the upper left portion of the drawing, a 
local switch provides T1/T3 trunks to trunk interface 
45 handler 580 for outputting voice/fax/modem traffic 
(DSO) where the voice is in timeslots to detectors 510, 
520. In the bottom portion of Figure 7. the dynamic 
timeslot manager outputs the voice in sub-timeslots 740 
to trunk interface handler 580 for outputting T1 /T3 to the 
50 network 400, Circuit apparatus is known for providing 
T1 trunk interface control, for example, circuit apparatus 
available from Dialogic Corporation, with offices in Par- 
sippany, New Jersey. 

The flow of data through a LSNA 500 from the net- 
55 work 400 to the local switch 425 (transmit path) is shown 
in Figure 8. T1/T3 trunk groups 801 receive traffic from 
the long distance network 400. The voice traffic from the 
long distance core network 400 and output from trunk 
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interface handler 580 is in compressed sub-timeslot for- 
mat 800. The Adjunct Control & Protocol Handler 570 
will process the inband control information and instruct 
the Dynamic Timeslot Manager 550 to channelize the 
incoming traffic by mapping the inconning sub-timeslot 
(s) into an original timeslot. The original timeslot is out- 
put to trunk interface handler 580 coupled to local switch 
425. Handler 570 will also instruct the Speech Coder 
Selector 530 to provide a correct speech decoder func- 
tion 561, 562, 563 or no function 813 to each channel. 
Each compressed voice channel will be decoded into 
the 64 Kbps PCM format and placed onto a DSO and 
sent to the local switch 425 via trunk interface handler 
580. 

The data flow through a TSN A 600 is shown in Fig- 
ure 9. In the transmit path (network 400 to switch 410, 
420), the voice traffic from the long distance core net- 
work 400 is output in compressed sub-timeslot format 
from trunk interface handler 680 to dynamic timeslot 
manager 650. The Adjunct Control & Protocol Handler 
635 will process the inband control information and in- 
struct the Dynamic Timeslot Manager 650 to channelize 
the incoming traffic by mapping the incoming sub-times- 
lot(s) into an original timesbt. Based on the inband con- 
trol information, the Silence Filler/Remover & Controller 
645 will fill the silence bits to each DSO timeslot to make 
it a conventional 64 Kbps rate signal and then send the 
data in its original timeslot via trunk interface handler 
680 coupled to the tandem/toll switch 410. 420. For the 
silence filler function, if 8 bits of information are com- 
pressed into 2 bits, then the remaining 6 bits in a word 
must be filled with silence. Hence, a word will have 2 
bits of actual data and 6 bits of silence. This must be 
reflected in the control information C of Figure 3. For 
example, a control frame of duration 1 25 microseconds 
can be inserted before the reformatted frame of the 
present invention that specifies that the following frame 
carries so many bits of silence and so many bits of data. 
The delay introduced by an additional control frame of 
data may have negligible impact on voice quality. Si- 
lence removal, on the other hand, may be wholly de- 
pendent on reading the control infomnation and extract- 
ing silence bits added at locations indicated by the con- 
trol information. The coding information for each chan- 
nel extracted from the inband control information will 
pass through the toll or tandem switch 410, 420 as con- 
trol data. In the receive path (switch to network), the 
voice, tax, or modem data from the tandemAoll switch 
410, 420 occupies one 64 Kbps DSO for each T1/T3 
channel. The voice traffic is in compressed format with 
silence filler and the fax/modem traffic is uncompressed. 
The Silence Filler/Remover & Controller 645 will detect 
the coding infornnation carried through the switch 410, 
420, and remove the filled silence bit(s) for voice from 
the voice timeslots accordingly. The Dynamic Timeslot 
Manager 650 is responsible for putting the compressed 
or uncompressed voice, fax or modem data on to the 
T1/T3/OC3 trunk with the inband control information 



provided by the Adjunct Control & Protocol Handler 635 
before transmitting to the long distance core network 
400. 

The actual adjunct protocol, inband control informa- 

5 tion format, and coding information format are not de- 
scribed in great detail but, in any event, follow the prin- 
ciple that idle and silent channels require less coding 
than active voice, fax or data channels. There may be 
only one other level of coding, for example, a minimum 

10 level of coding besides an existing 64 Kbps level of cod- 
ing or multiple levels of coding, such as 8 Kbps, 1 6 kbps, 
24, Kbps and 64 Kbps. Consequently, while fewer than 
eight bits have been utilized for transmitting a channel 
in a T1 or El frame, the present invention suggests as 

IS few as one bit or sub-timeslot may adequately describe 
status/activity of a trunk/channel at a given point in time. 

Thus, there has been shown and described a meth- 
od and apparatus for enhancing transmission capacity 
in the existing digital data transmission facility hierarchy 

20 where the T1 or El frame data format may be consid- 
ered as comprising a plurality of sub-timeslots which 
may be arranged in bundles or groups depending, for 
example, on speech activity, fax or data communication. 
The concept of the present invention may be extended 

2S to larger trunk groups than on a T1 or El frame size 
basis. When a channel is idle or silent, minimum data 
need be transmitted freeing and enhancing transmis- 
sion capacity of the digital transmission facilities be- 
tween offices in the public switched network. Any United 

30 States patent applications or patents referred to herein 
should be deemed to be incorporated by reference as 
to their entire contents. The scope of the invention 
should only be deemed to be limited by the scope of the 
claims which follow. 

55 

Claims 

1. A method for increasing the network transmission 
40 capacity for a telephone circuit switched network, 

comprising the steps of: 

reformatting a frame structure used for commu- 
nicating information in said network; 
45 integrating a network adjunct with a local switch 

of said network; 

integrating a network adjunct to one of a toll or 
tandem switch of said network; and 
communicating information between said local 
so and said toll or tandem switches, via said net- 

work adjuncts, using said reformatted frame 
structure. 

2. The method of claim 1 , wherein the step of refor- 
55 matting the internal frame structure comprises 

reformatting the structure of an El frame. 

3. The method of claim 1. wherein the step of refor- 
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matting the internal frame structure comprises 
reformatting the structure of a T1 frame. 

The method of claim 1, wherein the step of refor- 
matting frame structure comprises: 5 

dividing a frame into a plurality of single bit sub- 
timeslots; 

allocating said sub-timeslots to a voice conrvnu- 
nication to achieve a variable voice bandwidth; io 
and 

using some of said plurality of sub-timeslots for 
control information for said refomnatted frame. 

The method of claim 1 , wherein the step of integral- 
ing said network adjunct to said local switch, com- 
prises: 

routing all inband traffic handled by a local 
switch to the input of a network adjunct associ- 20 
ated with said local switch; and 
routing traffic from the output of said network 
adjunct of said local switch to an input of net- 
work adjunct connected to one of a toll or tan- 
dem switch that serves said local switch. 2S 

The method of claim 1 , wherein the step of integrat- 
ing said network adjunct to one of said toll or tandem 
switch, comprises: 

30 

routing all inband traffic handled by a tandem 
switch to the input of a network adjunct of said 
tandem switch; 

routing traffic from the output of said network 
adjunct to an input of another network adjunct 35 
connected to one of a toll or tandem switch that 
serves said tandem switch; 
routing traffic from the output of said network 
adjunct to an input of another network adjunct 
connected to a toll switch that serves said tan- 40 
dem switch; and 

routing traffic from the output of sakd network 
adjunct to an input of a network adjunct con- 
nected to a local switch serving said tandem 
switch. ''^ 

The method of claim 1 , wherein the step of integrat- 
ing said network adjunct to said toll switch, compris- 
es: 

so 

routing inband traffic handled by a toll switch to 
the input of a network adjunct associated with 
said toll switch; 

routing traffic from the output of said network 
adjunct to an input of another network adjunct ss 
connected to a tandem switch that serves said 
toll switch; and 

routing traffic from the output of said network 



adjunct to an input of another network adjunct 
connected to a toll switch that serves said toll 
switch, 

8. The method of claim 1 , wherein the step of commu- 
nicating information between said switches further 
comprises, sending and receiving non-voice traffic 
by using a predetermined number of sub-timeslots. 

9. The method of claim 1 , wherein the step of commu- 
nicating information between said switches further 
comprises sending and receiving voice traffic using 
at least one sub-timeslot. 

10. A telephone circuit switched network with dynami- 
cally allocable bandwidth, comprising: 

a plurality of local switch network adjuncts; 
a plurality of tandem switch network adjuncts 
connected to tandem switches; 
a plurality of toll switch network adjuncts con- 
nected to toll switches; said network adjuncts 
communicating information using reformatted 
frame sub-timeslots. 

11. The network of claim 10, wherein each local switch 
network adjunct comprises: 

a trunk interface handler interconnected to said 
network; 

a detector interconnected to the said trunk in- 
terface handler, said detector for discriminating 
fax and modem data from voice data and for 
detecting activity associated with a channel; 
a speech coder selector connected to said de- 
tector, said selector for assigning a coder to a 
specific communication; 
a speech encoder connected to said speech 
coder selector, said speech encoder for encod- 
ing the voice data; 

a speech decoder connected to said speech 
coder selector, said speech decoder for decod- 
ing the voice data; 

a dynamic timeslot manager connected to said 
speech encoder and said speech decoder, said 
manager for allocating said encoded data to 
sub-timeslots and extracting data from sub- 
timeslots; 

an adjunct control and protocol handler con- 
nected to said dynamic timeslot manager, said 
handler for formatting an inband control mes- 
sage; and 

a management interface for managing ele- 
ments of said network adjunct. 

12. A network as recited in claim 11 wherein said activity 
comprises one of trunk group activity and voice ac- 
tivity. 
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13. The network of claim 1 1 , wherein said local switch traffic received by said tandem switch, 

network adjunct further comprises: 

a first connection to a local switch to which it 
is connected; and a second connection to a tandem 
switch. 5 



14. The network of claim 11 , wherein each network ad- 
junct of one of a toll or tandem switch comprises: 

a trunk Interface handler connected to said net- io 
work; 

a dynamic timeslot nr^nager for allocating said 
encoded data to sub-timeslots and extracting 
data from sub-timeslots; 

a silence filler and remover controller connect- ?5 
ed to said dynamic timeslot manager for adding 
silence data to compressed voice data and re- 
moving silence data from compressed voice 
data; 

an adjunct control and protocol handler con- 20 
nected to said dynamic timeslot manager for 
formatting the inband control message; and 
a management interface for managing ele- 
ments of said network adjunct. 

25 

15. The network of claim 11 , wherein each network ad- 
junct connected to a tandem switch comprises: 

a first connection to a network adjunct connect- 
ed to a local switch that said tandem switch 30 
serves; 

a second connection to each network adjunct 
connected to a tandem switch that serves said 
tandem switch; and 

a third connection to each network adjunct con- 35 
nected to a toll switch that serves said tandem 
switch. 

16. The network of claim 11 , wherein a network adjunct 
connected to a toll switch comprises: 40 

a first connection to another network adjunct 
connected to a tandem switch that serves said 
toll switch; and 

a second connection to another network ad- 4S 
junct connected to a toll switch that serves said 
toll switch. 



17. The network of claim 1 1 , wherein each network ad- 
junct connected to a tandem switch handles all in- 50 
band traffic received by said tandem switch. 

18. The network of claim 11 , wherein each network ad- 
junct connected to a toll switch handles all inband 
traffic received by said toll switch. ss 

19. The network of claim 11 , wherein each network ad- 
junct connected to a local switch handles all inband 
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(54) Method and apparatus for network transmission capacity enhancement for the telephone 
circuit switched network 



(57) Adjunct apparatus for increasing network trans- 
mission capacity provides a low-cost, efficient solution 
for increasing the networl< transmission capacity of the 
existing telephone circuit switched networic, while l<eep- 
ing the current network equipment unchanged. A Local 
Switch Network (LSN) Adjunct (LSNA) and a Tandem/ 
Toll Switch Networl< (TSN) Adjunct (TSNA) interface 
with standard network elements, such as switches and 
cross connect equipment. These network adjuncts, 
comprising a set of low-bit rate speech coders, a dynam- 
ic timeslot manager and other supporting functions, ad- 



vantageously transnnit to and receive from a 
T1/T3/OC3/E1 trunk. More than one channel of voice is 
carried on one 64 Kbps DSO timeslot. while still main- 
taining the voice at toll quality. A sub-timeslot and sub- 
timeslot bundling are introduced in the standard T1 or 
E1 frame where each sub-timeslot is analogous to a sin- 
gle bit of the typical eight bit word to provide more than 
24 or 30 voice channels respectively. Inband control in- 
formation is generated for can7ing over a T1 orE1 trunk, 
for example, tor mapping sub-timeslot bundles to chan- 
nels. Conventional out-of-band signaling is provided via 
SS-7 or other out-of-band signaling system. 
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If the short V.8 codepoint is set to binary ZERO this indicates: 

• in a CL or CLR message, that the transmitting station does not suppon the short V.8 start-up procedure; 
and 

• in an MS message, thai a short V.8 start-up should not lake place ai the end of the V.8 bis transaction. 

Following receipt of an MS message, the receiving station (Station B) shall respond widi ACK, if so configured 
(sec 9.7), or NAX and, provided the indicated modulation mode is available, then transmit ANSam as soon as possible. 
ANSam shall be transmitted for a fixed period Tc (Te is defined in Recommendation V.8) then begin transmission of a 
JM signal and continue in accordance with Recommendation V.8, JM shall be coded to indicate the single modulation 
mode indicated in the MS information field of the preceding V.8 bis transaction. 

The station which transmitted MS (Station A) shall not transmit a signal CM, but shall wait to detect a minimum of two 
identical JM sequences, then transmit signal CJ and continue in accordance with Reconmiendalion V.8. 

9-93 V.25 start-up foDowing a bis transactkm 

This procedure is illustrated in Figure 13, It may l>e used to shorten start-up time in situations such as low speed data 
transmission where the presence of network based DCME equipment is of no concern. 
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FIGURE l3fW,Zbis 
V.25 start-up following a bis transaction 



If the V,8 and short V.8 codepoints are both set to binary ZERO in the NPar(l) information block of the Identification 
Field (see 8.3.3 and Table 5-1) die V.25 start-up procedure shall be used to enter a modem based conmiunication mode 
at the end of a V.8 bis transaction requesting a data connection. 

Following receipt of an MS message, the receiving station (Station B) shall respond with ACK, if so configured 
(see 9.7), or NAK and, provided the indicated modulation mode is available, then transmit ANS, as dcfmed in 
Recommendation V.25, as soon as possible. 

Both stations shall then proceed in accordance with Reconmnendation V.25 and the start-up procedure specified in the 
appropriate modem Reconmiendation. The station transmittirig MS (Station A) shall follow the procedure specified for 
the calling modem and the station receiving MS (Station B) shall follow the procedure specified for the answering 
modem. 

9.10 Message segmentation 

The maximum number of octets in any Information Field shall be 64. If the information exceeds this limit, the remainder 
of the information may be contained in subsequent messages. To indicate that further information is available, the 
"Additional Information Available^ parameter is set to binary ONE in the identification field of the transmitted message 
(see Table 5-1). This information, however, shall only be sent if, on receiving the message, the remote station sends an 
ACK(2) message requesting further information. 

NOTE - The use of NAK(4) indicating that the receiving station is unable to inicrpiel a received message and requesting a 
retransmission of the message is for further study. 
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This feature permits a telephone answering device to share a Une with a fa«imile machine or one or more autoinati«JIy 
anJlS^iiSTLrunals Sid ensures that a voice or data caller receives the appropriate response with minmvum delay 
and that the call is correctly established. 

L6 User-friendly switching from tdephony to data 

The abiUty of V 8 6« to permit automatic switching from voice telephony to data avoids users at both ends of a link 
SJinTto'^rd^nate theirSns in transferring between voice a«i data. This feature is '-1^^'"'^'^'^^^^ 
S imultaneous voice and data or videotelephone (Recommendation H324). where the call may fir^t be estabhshed in 
normal voice telephony before switching into the multimedia mode. 

\ ibis is designed so as not to subject users to signals or noise which are unduly disturbing- This particularly applies 
w£n Mdi'onT^ering device shares the Ime with one or more data terminals or when switching, either tempo«x,ly 
rpJ™Suy. out of the telephony mode. In addiUon, voice callers, calling an automatic answenng staUon, wdl not be 
subjected to signals uncharacieristic of telephony. 

1.7 Conferencing applications 

In audiographic and other conferencing applications, where a number of users are bridged together, the "P^bilijies 
ScSSlge^ J)iie selection feanires of V.8 bis provide a means for the bridging device to ensure automatically that 
compatible communication modes are adopted by all participants in the conference. 

1.8 Inlerworking considerations 

A multiftinction calling terminal with V.8 bis capability will interwork with: 

• a pre-V.S4 modem through the detection of ANS; 

• a V.8 terminal through the detection of ANSam; 

• a T.30 fecsimile terminal through the optional transmission of CNG. 
A mulufunction answering tenninal with V.8 bis capabiUty wUl intcrwoik with: 

• a pre-V.34 modem through transmission of ANS after time-out; 

• a V.8 terminal through the transmission of ANSam after time-out; 

• a T.30 facsmule terminal through the detection of CNG or. where this is not present, through the 
transmission of ANSam or DIS. 

Determination of the order and priority of time-out condiUons is implementation and/or user configuration dependent. 
1.9 Relationship between Recommendations V.8 and V.8 bis 
Reconuncndation V.8 provides the following features: 

• terminal selection by the calling station; 

• V.42 error control to be selected by the calling station; 

• the highest speed common modulation format to be automatically selected between DCEs; 

• the presence of a cellular radio component in the GSTN channel to be idenufied by both DCEs; and 

• DCME equipment may configure itself ^proprialely. 

RecommendaUon V.8 bis provides the following additional feamres: 

• terminal selection by the calling or answering stations; 

• V.42 error control and other modes of operation to be selected by the calling or answering stations; 
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